RADIO BROADCASTING SYSTEM AND METHOD PROVIDING 
CONTINUITY OF SERVICE 
BACKGROUND OF THE INVENTION 

1. Field of the Invention 

The present invention relates to a method of radio broadcasting 
providing continuity of serving and s system irr!piftra«oting_th^jneibcxd 

Hitherto, narrow-band radio broadcasting systems have used 
purely analog modulation methods such as amplitude modulation, frequency 
modulation or single sideband modulation. The last-named modulation is 
rarely used. 

In the near future, radio broadcasting systems known as "digital" 
systems are going to be standardized. These systems are designed for use 
in the bands located below the 30 MHz band, and will comply with existing 
channels, most usually having bandwidths of 9 kHz or 1 0 kHz. 

Although these systems give high-quality, crystal-clear sound, 
they are handicapped by a phenomenon inevitably linked to digital methods, 
namely the total disappearance of the audio signal when the reception 
conditions are poor, for example excessively severe frequency-selective 
fading or flat fading, a generally inadequate signal-to-noise ratio, 
interference, etc. This is not the case for amplitude modulation transmission, 
for example for which, even at very low signai-to-noise ratios, the sound 
remains intelligible although highly noise-infested and/or distorted, a feature 
to which the faithful listeners of this type of broadcast are accustomed. 

2. Description of the Prior Art 

Various advanced methods have been proposed to overcome this 
problem at least partially. 

One of these methods is the UEP (unequal error protection) 
method in which the bit stream is divided into two parts as follows: 

• a specially protected part, which may be received with a lower signal-to- 
ratio than the remainder and conveys a bit stream that is sufficient to 
regenerate lower quality audio conditions but is deemed to be sufficient to 
provide minimum continuity of service, 

* an unprotected part which, when it is properly received, gives the quality 
of the frequency audio signal referred to here above. 
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However, a method of this kind always has the above-mentioned 
drawback because, when the signal-to-noise ratio is too tow, the audio signal 
is quite simply cut off. 

An object of the present invention relates to a method and system 
5 of radio broadcasting adapted to ensuring total or almost total continuity of 
reception whatever the conditions. 

A system of this kind is called a permanent audio link (PAL), 

SUMMARY OF THE INVENTION 

The invention relates to a method used to provide continuity of 
10 service in a radio broadcasting system comprising at least one modem using 
the COFDM technique comprising the if&iwrii&sion of N time-frequency ceils 
modulated independently of one another. It comprises at least the following 
steps; 

at transmission: 

15 a) sending a number N-j of cells conveying signals needed for the 
transmission of a digitized audio signal S-j, 
b) sending a number N2 of modulated cells to transmit an analog signal S2 

of analog audio samples, 
at reception: 

20 c) when the signals of the N1 cells cannot be decoded, replacing the 
digitized audio signal Si by the analog signal S2 conveyed by the cells 
N 2 . 

The method comprises for example, at transmission, one or more 
pre-processing steps such as lowpass filtering and/or sampling and/or the 
25 introduction of a delay for the signal S2 consisting of analog samples so ihat 
the delays of the signals S-\ and S2 are substantially identical at output of the 
receiver. 

According to one embodiment, the method comprises for 
example, at reception, a step to separate at least the signal S-j from the 
30 signal S2 and a step for validating the signal in decodable or non- 
decodable form performed before the step c) and at least one step for post- 
processing the signal S2 such as the rejection of background noise. 

The proportion of cells N-| for a passband of about 10 kHz may 
range from 50% to 80% of the quantity N of available cells. 



The invention also relates to a radio broadcasting system 
comprising at least one modem using the COFDM technique, said modem 
being represented in a time-frequency space by several elementary cells 
comprising N available ceils, at least one transmitter and at least one 
receiver. It comprises at least one of the following elements: 
at the transmitter: 

• a device adapted to distributing the signals needed for the transmission 
of a digitized audio signal in a number N-j of cells and analog audio 
signals S2 in a- number N2 of cells beforo their transmission, 

at the receiver: 

• a device for the differentiation, in the received signal Sr, of at least the 
digitized audio signal S-j from the signal S2, 

• a device adapted to "qualify" the signal in decodable or non- 
decodable form, 

• a device to replace the signal S-} which is not audible by the analog signal 
S 2 . 

The object of the present invention in particular has the following 
advantages: 

• it provides continuity of service for all reception conditions, unlike 3. purely 
digital method, 

• there is no change in the frequency spectrum of the signal transmitted, 
which means that there is no additional difficulty especially in neighboring 
channels, 

• it provides simplicity of implementation and non-implementation when the 
conditions are right, 

• it gives the possibility of adding ancillary methods to improve the quality 
of the analog signal at reception, which indeed entails no difficulty- since 
the system already comprises a majority of elaborate digital processing 
operations, 

• th« quality nf the* audio signal at reception, unlike that of Standard AM 
(amplitude modulation) reception, remains constant, for a given signal-to- 
noise ratio resulting especially in: 

♦ an absence of coloring due to selective fading by compensation of 
channel gain, 
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• an absence of distortion due to the disappearance of the carrier, for 
there is no carrier, 

* a decorrelation of the disturbances due to interference, through the 
interlacing which makes their effect similar to that of pulse noise 

5 hence to flat spectrum signals. 

BRiEF DESCRiFTiON OF THE DRAWINGS 

Other features and advantages shall appear from the following 
detailed description of an embodiment taken as a n on- restrictive example 
and illustrated by the appended drawings, of which: 
1 0 • Figure 1 is a drawing of a modem in a time-frequency space, 

• Figure 2 shnws.ih« frequency ftpflctmm of a signal received in a channel, 

• Figure 3 corresponds to a representation in a complex plane of a QAM 
modulation, 

• Figure 4 is a block diagram of the means implemented in the 
15 transmission, and 

• Figure 5 is a simplified block diagram of the receiver according to the 
invention. 

MORE DETAILED DESCRIPTION 

For a clearer understanding of the invention, the descri ption, which is 
20 given by way of an illustration that in no way restricts the scope of the 
invention, relates to a system designed for use with a COFDM (coherent 
orthogonal frequency division multiplex) type modem (modulator- 
demodulator). This modem may be riftsnrihsrl as alu^posiliQn.^th£OJighojJt. 
the transmission band, uf a rrmltftude uf ^ementary narrow-frand modems, 
25 tor example several hundreds of elementary narrow-band modems: 

Figure 1 represents on© way of describing such a modem. This figure 
considers a two-dimensional space, namely a time (X-axis) and frequency 
(Y-axis) space; diwidad .into.JnHepenri^_fijBjrDentary..nells < . .each _ of _ them. . 
characterized by a given frequency Fi and a given point in time ti, i being the 
30 index of the cell. 

A cell with an index i is associated with a complex number that 
corresponds directly to the amplitude A(t) and the phase cp(t) assigned to it 
by the modulator. The modulated signal S(t) is equal to A(t) cos (cot + tp(t)). 

The elementary cells may have different functions or roles, for example: 
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1 ) some of them have a fixed content known to the receiver. They are used 
for various necessary synchronizations such as time synchronization, 
frequency synchronization as well as the continuous assessment of the 
characteristics of the channel which may vary with time, for example 
5 characteristics such as the complex gain as a function of the frequency 

{essentially as a function of the characteristics of the transmission 
channel), the Signal-to-noiss ratio a* each frequency, the ! aits r possibly 
varying as a function of the level of the signaf received but also because 
of interferences, etc., 

10 2) other cells have a utilitarian role. They contain all the information used by 
the receiver to determine the characteristics of the signal that it is in the 
process of receiving, the type of audio encoder used, the transmission 
station, the list of frequencies at which it can receive the same station in 
the event of deterioration of reception, etc., 

1 5 3) all the other cells, generally the large majority, are available and used to 

transmit free binary information,-- moot-of- whk^rin-ihj&-typ« t?f-«pp}i^tfan7 T " 
corresponds to a digitized frequency audio signal. It is these available 
cells or free cells that will be used to implement the method according to 
the inveruioir. 

20 All these signals are distributed as uniformly as possible in the allocated 

frequency band or channel so much so that the frequency spectrum of the 
signal received is generally almost flat in the band as can be seen in Figure 2 
in an amplitude-frequency graph. 

The free cells are usually modulated by a quadrature amplitude 

25 modulation (QAM) signal for which triera is defined. a finite anrl fiy<=d niimhe»r 
of complex known values to be used as a function of the bit stream to be 
transmitted. 

Figure 3 shows the case of a 64 QAM modulation for which 64 different 
points can be used in the complex plane. The totality of these points 
30 distributed in a diagram where the X-axis corresponds to the real part and 
the Y-axis to the imaginary part is called a constellation. This corresponds to 
the transmission of six information bits per cell, the value 64 being equal to 
2 6 possible cases. 

It must be noted that, if the 6 bits in the example given were all free, this 
35 would correspond, without counting the useful signals, to a spectral 
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efficiency of 6 bits per second per Hz of bandwidth, namely 60 Kbit/s in a 
10 kHz channel. 

In practice, it is necessary to use one form or other of the "channel 
finnoding" method known tn thr>R« skillsd in thft art. Channol «nnnriing 

5 consists in adding bits known as redundancy bits to the free information bits 

forming the useful bit rate. These redundancy bits arc used to correct the 

transmission errors. 

If we take account of the utility signals, the spectral efficiency is in the 

range of 3 bits/second per Hz, representing 30 useful Kbits/second in a 1 0 
10 kHz channel. This value can be compared with the 1 bit/sec per Hz in 

certain systems such as the digital audio broadcasting (DAB) system which 

gives only 10 Kbits/s in a 10 kHz channel. 

Furthermore, when the transmission channel is unstable, which is 

frequent in short-wave broadcasting, or at night in medium wave 
15 . hjcnado^fttin/3,..iaterlacta^ methr^s.coasis} in.._ 

transmitting the cells, not in their natural order or appearance, tor example in 

the rising order of instants of transmission and, at a given time, in the rising 

order of frequencies but rather in dispersing thorn in the time/frequency 

space (Figure 1 ) in such a way that the two initially consecutive cells (index i 
20 and (i+1)) are transmitted with a temporal and frequency separation that is 

as great as possible so that the disturbances - to which they are subjected are 

as decorrelated as possible. 

The interlacing methods are highly efficient. They are universally used in 

all transmission/broadcasting operations where the channel is not stationary, 
25 namely where the channel does not~s+iow a gain or constant noise whatever 

the frequency or the point in time considered. 

The system and method that are the object of the present invention are 

based on the following principles which are implemented especially when the 

propagation forecasts indicate that the reception of the audio signal has a 
30 hirjh liknlihnnH nf hflino disturbed:. ... . _ 

• usincj— ci major fraction N-j of the N free or available cells to transmit an 
audio signal of "sufficient digital quality", 

• using the remaining cells N2 to transmit an "analog" version of the audio 
signal, 
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• upon reception, if it is not possible to decode the digital audio signal 
correctly, replacing it by the analog audio signal to ensure continuity of 
ocrvicc.- 

The numbers N-j and N2 are for example chosen as a function of the 
5 desired quality of the analog signal S2 of the standby channel. The value of 
N2 depends for example on the bandwidth. For a bandwidth of about 
10 KHz, N1 varies Torexampje~rjetween~50% and 75 % of The value of N. For 
a greater bandwidth, this fraction may be smaller, and the criterion to be met 
is always that of the "sufficient quality" of the analog signal received which 
10 could, as the case may be, replace the non-decodable digital audio signal. 
TRANSMITTER 

Figure 4 is a full block diagram of the elements to be implemented at 
transmission as well as the steps for processing the corresponding signal. 
The means comprise a part I used normally for digital transmission and an 

15 added part II corresponding to the invention, indicated by dashes in the 
figure. In the figure, the letter D designates the appended data to be 
transmitted to the audio signs! and the letter S designates the audio signal 
separated, for example, into two parts S-j and S2 with S2 corresponding to 
the analog signal used to replace the inaudible digital audio signal. 

20 Standard part I 

The standard part, in its simplest version for example, contains: 

• a first audio encode 1 which, frnm the* nuriin signal S-j tn h« transmitted, 
uses a standard audio encoding method to generate a bit stream known 
as a -digital audio signal", 

25 * a first channel encoder 2 connected to the first audio encoder 1 which 
takes responsibility for the addition, to the bit stream, called the "digital 

audio" bit stream, of the redundancy bits-designed-to- increase- resistance- 

to transmission errors, 

• a second channel encoder 3 which adds redundancy to the appended bit 
30 streams D which are added to the audio signal; these bit streams 

corresponding for example to utility data and/or other intrinsically digital 
data to be transmitted such as files, images, etc., 

• a multiplexer 4 which takes responsibility for forming a composite bit 
stream by mixing the audio signal coming from the charms' .^r.c^d-sr- £ - 

35 and the data coming from the channel encoder 3, 
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• a system 5 for the formation of complex signals which, from the 
composite bit stream, forms the symbols to be transmitted; the pairs, 
namely tne real part ana tne imaginary part, corresponding to tno points 
of the constellations (Figure 3} to be transmitted, 

• an interlacer 6 having the role of dispersing the complex points in the 
time-frequency space in order to iimii the effect or ihe error packeis 
during reception, the interlacer receiving the signals coming from the 
multiplexer 13 described here above, 

• a final formatting system 7 that complements the complex signals 
positioned by the interlacer with -reference signals Ss enabling the 
receiver to carry out a quick and efficient synchronization as well as to 
follow the development of the complex gain of the transmission channel, 

• a device 6 for generating the signal to be transmitted which, from all the 
complex signals that were hitherto in Ihe frequency fitjid, geneiaieb- up- 
time signal, for example by carrying out an inverse discrete Fourier 
transform, adds guard signals and performs various post-processing 
operations such as clipping, filtering, etc., 

• the temporal signal Se coming from the generation device 8 is transmitted 
to the transmitter. 

Part II comprising the elements or means used to implement the 
invention 

This part receives especially the fraction S-j of the audio signal 
designated by the expression "standby audio signal" taken for use as an 
analog signal S2 replacing the non-decodable digital audio signal Si at the 
receiver: 

• a luwpa&s filter 9 designed to limit tho passband of the standby audio 
signal S2 to be transmitted whose quality need not- be-ao-goed ao- that cf- 
the normal audio signal, 

• a sampling signal 10 for the sampling of the filtered audio signal S2 
coming from 9; this signal must be sampled at a frequency ensuring a 
passband sufficient to prevent any loss in intelligibility. This sets a 
minimum number of cells of the modem to be assigned to this function. A 
reduced frequency, for example ranging from 4 kHz and 8 kHz, may be 
sufficient, 
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an adapted device 1 1 to perform various simple pre-processing 
operations such as: 

• pre-accentuation or again more complex processing operations for 
example non-linear distortion or LinCompEx, a method where the 
signal undergoes dynamic compression and is transmitted along with 
robust bit stream (appended data) describing the state of 

compression, 

• the introduction of a fixed delay in the signal 82- Indeed, in every 
case, the digitized audio signal undergoes a fixed delay corresponding 
to the delay of the digital audio so that, on the receiver side, the 
analog audio signal S2 and the digital audio signal Si are 
synchronous so as not to disturb listening quality during any. switching, 
operations that may be performed during the reception of the signal. 
When there are no appended data, the audio signal contains 2 Na 
real samples if Na cells have been reservedJor it. Should the audio 
signal comprise B appended data bits, it will contain 2 Na - B/2 
samples for example. 

A device 12 adapted to the conversion of the real audio samples or 
binary audio samples for example as follows: 

• two successive audio samples S(2n) and S(2n+1) respectively form 
the real part and the imaginary part of the nth complex samples, 

• two successive bits, if necessary B(2p) and B(2p-t-1), lespeoiiveiy form 
the real part and the imaginary part of the pth complex sample, a bit 0 
corresponding to a valuo of -S and a bit 1 to a value of S /£. ><» 

especially great as it is sought to make these information elements 
more robust). 

A multiplexer 13 which takes responsibility for inserting the complex 
values generated by the device 12 among those coming from the device 
5 for the shaping of complex symbols which, for their part, can take only a 
limited number of values {points chosen in the constellations). This 
insertion must imperatively be done before the final interlacing performed 
in the interlacer 6, so that the audio signal benefits from advantages., 
identical or similar to those of the purely digital signal in terms of 
decorrelation of the noise and destructuring of the interference. It is also 
indispensable in order that the signal may keep a flat frequency spectrum 
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identical to that of the purely digital signal (Figure 2). At the output of the 
interlace^ the signals are transmitted to the final formatting device and 
then transmitted to the transmitter. 
RECEIVER 

5 Figure 5 shows a simplified block diagram of an embodiment of a 

receiver adapted to implementing -hs method according to the invention.- 

It is assumed that the received signal Sr has already undergone all 
the standard reception processing operations, for example the amplification 
step, the filtering operations, the automatic gain control (AGC), and the 
10 passage into baseband operation. It takes the form of complex temporal 
samples. 

The receiver comprises especially the means needed to implement 
the following different steps of the reception processing: 

• The windowing 1 4 

15 • a device performs the windowing in which a part supposed to be 

stable is taken from the received signal Sr. I his is a part wnere an the 
replicas of the received signal are present simultaneously, each 
replica having its own delay, its own phase and its own amplitude. 
This is characteristic of the transmission channels in the frequency 

20 bands used and corresponds to the phenomenon which is well known 

as the multiple-path phenomenon, 

• the frequency correction 15 

• this correction is designed to compensate for the frequency drifts of 
the transmitters and the receivers as well as for any Doppler shift due 

25 to a variation in the transmitter/receiver distance and a time/frequency 

shift that Is the mean for all the paths received, 

• the passage into the frequency domain 1 6 

• this is done by a discrete Fourier transform for example, 

• the coherent demodulation 17 and synchronizations 18 which are 
30 implemented together for example in order to: 

• properly estimate the residual frequency shift to be compensated for, 

• accurately position the reception window, 

• make an estimation, for each output complex sample, of its complex 
value such as it was at transmission {standardized complex value 

35 after estimation and compensation for the complex gain of the 
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channel) as well as its signal-to-noise ratio which depends both on the 
time (non-stationary channel) and the frequency (frequency selective 
channel, the presence of interference in bands that are more or less 
narrow), 
5 • de-interlacing 1 9 

• it replaces the original compfex samples in the original order, these 
samples being accompanied by the estimated signal-to-noise ratio, 

• a first demultiplexing, by the demultiplexer 20, which separates the purely 
digital samples from those assigned to the standby link known as an 

10 analog link S2, 

• a second demultiplexing by the demultiplexer 21 which makes a 
separation, in the stream of purely "digital" samples, between the audio 
signal Si and the purely digital data D, 

• a decoding step, by the decoder 22, which uses the redundancy to 
1 5 eliminate the residual errors in the purely "digital" data, 

• a decoding step, by the decoder 23, which uses the redundancy to 
eliminate the residual errora in the bit stream rcpfcccnting the - digital- 
audio signal S-|; in addition to the "purely" digital bit stream, the decoder 
23 determines the cases where the decoder has failed, for example when 

20 the quantity of errors is excessively great (it sends this information to the 

switching device 27 described here below), 

• an audio decoding by the decoder 24 which finally reconstitutes the audio 
signal from the associated bit stream. This decoder 24 is also capable, 
by means of parity control systems for example, of detecting residual 

25 errors in the input bit stream, 

• a separation step by the device 25 capable of separating the control data 
of the analog audio signals from the analog audio eigna! S2. 

• the bits and the samples coming from the separation step are for 
example subjected to a post-processing operation by means of an 

30 adapter davicft PR. These post-p rocessing operations if necessary make 

use of the control data and perform processing operations in reverse to 
those performed at the transmission described here above as -*ve!i as 
other processing operations such as the rejection of background noise. 
Indeed, through the interlacing and compensation for the gain of the 

35 channel performed by the demodulator 24, the signal level does not vary 



12 



with the gain of the channel unlike a standard AM type transmission and, 
furthermore, the additional noise is almost flat in the short term, namely it 
is uniformly distributed in the audio band (white noise) and can easily be 
estimated and reduced if net eliminated by standard methods- ouch- ac- 
spectral subtraction for example, 

- receives the digital audio signal S-j coming from the audio decoder 
24 and the standby audio signal S2 as well as information on the 
possibility of decoding or not decoding the signal S-j ; and 

- when the signal Si cannot be decoded, for example following the 
detection of the impossibility of correcting the excessively 
numerous errors that affect it (namely information coming. from the 
channel decoder 23 or the detection of residual errors, information 
coming from the audio decoder etc.) replaces the signal S-j which 
cannot be decoded by the analog signal S2. 



